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DETAILED ACTION 
Specification 

1 . The disclosure is objected to because of the following informalities: 

a) Claim limitations and its functionalities are not disclosed. 

• Claim 4, line 2, a microphone of a telephony device 

• Claim 13, line 1-9, a telephony communication device, an audio capture device, 
an audio speaker 

• Claim 15, line 2, flash-style non- volatile memory 

• Claim 20, line 1-2, an IP telephony communication network and a plurality of IP 
telephony devices 

b) The features and functionality of Figures^-l^^e not disclosed. 



Claim Rejections - 35 USC § 112 
The following is a quotation of the second paragraph of 35 U.S.C. 112: 

The specification shall conclude with one or more claims particularly pointing out and distinctly claiming the 
subject matter which the applicant regards as his invention. 

2. Claim 20 is rejected under 35 U.S.C. 1 12, second paragraph, as being indefinite for failing to 

particularly point out and distinctly claim the subject matter which applicant regards as the 

invention. 

Claim 20 recites "an IP telephony communication network comprising: ...a CPU 
adapted to communicate with the plurality of IP telephony communications devices and to 
program the programmable audio processor chip in each IP telephony device. . .a 
communication link coupled to each the IP telephony devices and to the CPU. . in line 12- 
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14. It is unclear whether a CPU (line 12) is inside the processor chip, outside of the processor 
chip, or outside of the IP telephony device, and this renders the claim indefinite. Neither the 
specification nor the drawing provide a standard for ascertaining the requisite degree, and 
one of ordinary skill in the art would not be reasonably apprised of the scope of the 
invention. 



Claim Rejections - 35 USC § 103 

The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set forth in 
section 102 of this title, if the differences between the subject matter sought to be patented and the prior art are 
such that the subject matter as a whole would have been obvious at the time the invention was made to a person 
having ordinary skill in the art to which said subject matter pertains. Patentability shall not be negatived by the 
manner in which the invention was made. 

3. Claims 1-9 and 13,14, and 20 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Edholm (U.S. 6,449,269) in view of well-established teaching in the art. 

Regarding claim 1 and 14, Edholm'269 discloses a DSP voice compression device 
(see FIG. 3, DSP 310) adapted to compress the voice data (see col. 5, line 56 to col. 6, line 
14; note that the digitized voice signals are compressed utilizing H.323 compressing 
techniques.), and a programmable audio processor chip for processing voice data (see col. 13, 
line 15-17, an ASIC, Application Specific Integrated Circuit; note that the components within 
ASIC are program to perform, operate, and process the voice data; therefore ASIC is 
programmable chip.) comprising: 
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audio processing circuitry (see FIG. 3, Controller 314) programmed with an audio 
processing software application for processing the compressed voice data (see col. 2, line 47- 
51, col. 8, line 30-57; note that a controller comprises the finite state machine (i.e. 
application) to process compressed voice data; also see FIG. 4); 

an IP network stack (see FIG. 3, a combined system of Packetizer 334, memory 332, 
and Extractor 322) adapted to store and process IP data, the IP data including protocols for 
processing the compressed voice data via an IP network (see col. 6, line 14-29, col. 7, line 
54-67; note that the packetizer packetizes/processes the digitized voice data into IP packets, 
the memory stores/maintains the IP address information, and the extractor extracts/processes 
the digitized voice from the IP packets which are received from the network which are 
received from the network); and 

a communication stack (see FIG. 3, a combined system of Controller 314, Packetizer 
334 and memory 332) adapted to store and process communications data, the 
communications data including audio processing protocols for processing the compressed 
voice data (see col. 8, line 30 to col. 9, line 56; not that the controller instructs/processes the 
packetizer to establish call connection setup and terminates the call after on-hook; the 
memory stores/maintains/flushes the IP address information). 

Edholm'269 does not explicitly disclose a chip comprises DSP voice compression 

device. 

However, the above-mentioned claimed limitations are well known in the art of 
telephony and integrated circuitry. In particular, a chip can be designed to include DSP voice 
compression device. 
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In view of this, having the system of Edholm f 269 and then given well known teaching 
in the art, it would have been obvious to one having ordinary skill in the art at the time the 
invention was made to modify the system of Edholm ! 269, by including the DSP on the ASIC. 
The motivation to combine is to obtain the advantages/benefits taught by well-established 
teaching in the art that such modification would make it possible to reduce the size of the 
VoIP telephone by including a DSP on the ASIC. It also is well known in the art that the user 
constantly demands smaller and compact telephony device, which is easy to carry and store, 
and the only way to meet user demand is by utilizing ASIC technology. 

Regarding claim 2, the combined system of Edholm'269 and well-established 
teaching in art discloses the programmable audio processor as described above in Claim 1 . 

Moreover, Edholm f 269 discloses the chip is further adapted to convert the voice data 
between IP audio data and digital audio data (see FIG. 3, Packetizer 334; also see col. 6, line 
1-38; note that Packetizer packetizes/converts between the digitized compressed voice 
signals/data (from DSP) into IP packet/data). 

Regarding claim 3, the combined system of Edholm'269 and well-established 
teaching in art discloses the programmable audio processor as described above in Claim 1 . 

Moreover, Edholm'269 discloses an analog-digital (A/D) converter (see FIG. 3, A/D 
304) adapted to convert the voice data between analog and digital form (see col. 5, line 56 to 
col.6, line 3). 
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Regarding claim 4, the combined system of Edholm'269 and well-established 
teaching in art discloses the A/D converter as described above in Claim 3. 

Moreover, Edholm'269 discloses the A'D converter is adapted to convert voice data 
captured at a microphone (see FIG. 3, Microphone 302) of a telephony device (see FIG. 3, IP 
phone 100) employing the audio processor and to deliver the converted signal to the audio 
data converter (see col. 6, line 5-13; the A/D converter converts the voice signals, captured 
by the microphone, and transmits towards DSP for audio data compressing). 

Regarding claim 5, the combined system of Edholm'269 and well-established 
teaching in art discloses the A/D converter as described above in Claim 3. 

Moreover, Edholm f 269 discloses a telephony device (see FIG. 3, IP phone 100) that 
houses the audio processor, wherein the A/D converter is adapted to convert a digital signal 
received from the converter into analog form for use at a speaker of the telephony device (see 
FIG. 3, Speaker 302 and Sound Generator 306; note that a digitized data are transmitted by 
the controller into a speaker via A/D converter and sound generator in order to reconstruct 
analog voice signals.) 

Regarding claim 6, the combined system of Edholm'269 and well-established 
teaching in art discloses the programmable audio processor as described above in Claim 1 . 

Moreover, Edholm'269 discloses wherein IP network stack includes at least one of: a 
TCP/IP stack and a H.323 stack (see col. 11, line 1 1-26, and col. 12, line 1-12; note that 
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Edholm'269's IP telephony device utilizes TCP/IP and/or ITU H.323 signaling. Moreover, 
the packetizer utilizes TCP/IP scheme of packetizing.) 

Regarding claim 7, the combined system of Edholm'269 and well-established 
teaching in art discloses the programmable audio processor as described above in Claim 1 . 

Moreover, Edholm f 269 discloses wherein the communication stack is adapted to 
provide at least one of the following protocols: call setup, call tear down, capabilities 
exchange and negotiation (see col. 8, line 30 to col. 9, line 56; not that the controller 
instructs/processes the packetizer to establish call connection setup and terminates/tear down 
the call after on-hook.) 

Regarding claim 8, the combined system of Edholm'269 and well-established 
teaching in art discloses the programmable audio processor as described above in Claim 1 . 

Moreover, Edholm'269 discloses sufficient on-chip RAM (see FIG. 3, Memory 332) 
to run a connection-less thin client call stack (see col. 6, line 16-65; note that packetizer set 
up connection for a call utilizing the memory.) a TCP/IP stack (see col. 12, line 1-1 1; the 
controller utilizes memory for TCP/IP for signaling.) and audio compression protocols (see 
Fig. 4, and col 8, line 3 1 to col. 9, line 56; the controller utilizes memory to process digitized 
compressed voice data and IP packet data.), wherein the processor is adapted to function 
without external system memory (see FIG. 3, Memory 332; note that there is only one on- 
board memory on ASIC and all operations are performed utilizing this memory.) 
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Regarding claim 9, Edholm'269 discloses wherein the chip is adapted to dissipate 
250 mW at 200 MHz. 

Edholm'269 does not explicitly wherein the chip is adapted to dissipate 250 mW at 
200 MHz. 

However, the above-mentioned claimed limitations are well known in the art of 
telephony and integrated circuitry. In particular, a chip can be designed to dissipate 250 mW 
at 200 MHz or any variation as long as it gives the minimum power dissipation for ASIC. By 
minimizing ASIC's power dissipation, it will produce small amount of heat and/or consume 
small amount power (i.e. for battery powered mobile/cordless VoIP phones). The art of 
reducing the battery power consumption for a mobile/cordless phone in order for the user to 
utilize the phone battery longer without re-charging is also well known in the art of 
mobile/cordless telephone. Also, it is also well known in the art that ASIC can also operate at 
200 MHz with benchmark performance of power dissipation. 

In view of this, having the system of Edholm f 269 and then given well known teaching 
in the art, it would have been obvious to one having ordinary skill in the art at the time the 
invention was made to modify the system of Edholm'269, by setting the power dissipation at 
250 mW at 200 MHz. The motivation to combine is to obtain the advantages/benefits taught 
by well-established teaching in the art that such modification would make it possible to 
minimize the power dissipation of ASIC by setting lower power at higher frequency so that it 
will produce less heat during active operation. It also is well known in the art it constantly 
demands longer battery life for a battery powered telephony device so that the user can be 
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utilized without re-charging frequently. In order to extend the battery life and reduce heat, the 
power dissipation of the ASIC inside the phone must be minimized. 

Regarding Claim 13, Edholm , 269 discloses a telephony communications device (see 
FIG. 3, IP phone 100) adapted to communicate data including voice data, the device 
comprising: 

DSP functions (see FIG. 3, DSP 310) and a programmable audio processor chip 
having microcontroller functions (see FIG. 3, a combined system of Controller 314, 
Packetizer 334, Extractor 322, and Memory 332) and adapted to perform Internet 
protocol/digital (IP/D) conversions for IP voice data and digital voice data (see col. 6, line 
14-39; note that the packetizer latches/transforms/converts digitized voice signals into IP 
packets.) 

an audio capture device communicatively linked to the programmable audio 
processor chip (see FIG. 3, Microphone 302) and adapted to capture voice data and 
communicate the captured voice data to the programmable audio processor chip (see col. 6, 
line 5-13; the voice signals are captured by the microphone and transmits towards DSP via 
A/D converter); and 

an audio speaker communicatively linked to the programmable audio processor chip 
(see FIG. 3, Speaker 302) and adapted to generate sound (see FIG. 3, Sound Generator 306) 
in response to data communicated from the programmable audio processor chip (see col. 5, 
line 56 to col. 6, line 2; a digitized data are transmitted by the controller into a speaker via 
A/D converter and sound generator in order to reconstruct analog voice signals.) 
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Edholm'269 does not explicitly disclose a chip having DSP function. 

However, the above-mentioned claimed limitations are well known in the art of 
telephony and integrated circuitry. In particular, a chip can be designed to include DSP 
functional device. 

In view of this, having the system of Edholm'269 and then given well known teaching 
in the art, it would have been obvious to one having ordinary skill in the art at the time the 
invention was made to modify the system of Edholm'269, by including the DSP on the ASIC. 
The motivation to combine is to obtain the advantages/benefits taught by well-established 
teaching in the art that such modification would make it possible to reduce the size of the 
VoIP telephone by including a DSP on the ASIC. It also is well known in the art that the user 
constantly demands smaller and compact telephony device, which is easy to carry and store, 
and the only way to meet user demand is by utilizing ASIC technology. 

Regarding Claim 20, Edholm'269 discloses an IP telephony communications 
network (see FIG. 1, IP telephony network) comprising: 

a plurality of IP telephony devices (see FIG. 1, plurality of IP phones 100 and 171) 
each having a DSP voice compression device (see FIG. 3, DSP 310) adapted to compress the 
voice data (see col. 5, line 56 to col. 6, line 14; note that the digitized voice signals are 
compressed utilizing H.323 compressing techniques.), and a programmable audio processor 
chip for processing voice data (see col. 13, line 15-17, an ASIC, Application Specific 
Integrated Circuit; note that the components within ASIC are program to perform, operate, 
and process the voice data; therefore ASIC is programmable chip.) comprising: 
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audio processing circuitry (see FIG. 3, Controller 314) programmed with an audio 
processing software application for processing the compressed voice data (see col. 2, line 47- 
51; col 8, line 30-57; note that a controller comprises the finite state machine (i.e. 
application) to process compressed voice data; also see FIG. 4); 

an IP network stack (see FIG. 3, a combined system of Packetizer 334, memory 332, 
and Extractor 322) adapted to store and process IP data, the IP data including protocols for 
processing the compressed voice data via an IP network (see col. 6, line 14-29, col. 7, line 
54-67; note that the packetizer packetizes/processes the digitized voice data into IP packets, 
the memory stores/maintains the IP address information, and the extractor extracts/processes 
the digitized voice from the IP packets which are received from the network); and 

a communication stack (see FIG. 3, a combined system of Controller 3 14, Packetizer 
334 and memory 332) adapted to store and process communications data, the 
communications data including audio processing protocols for processing the compressed 
voice data (see col. 8, line 30 to col. 9, line 56; not that the controller instructs/processes the 
packetizer to establish call connection setup and terminates the call after on-hook; the 
memory stores/maintains/flushes the IP address information); 

a CPU (see FIG. 3 Controller 314) adapted to communicate with the plurality of IP 
telephony communications devices and to program the programmable audio processor chip 
in each IP telephony device (see FIG. 1 and col. 8, line 30 to col. 9, line 55; note that the 
controller communicates with plurality of phones 100, 171, 160, Phone server 110, via 
network 130; and the controller controls/programs to perform the devices on the ASIC (i.e. 
memory, packetizer, extractor) and processes the operation according to the programmed 
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finite state machine.), the programming including communications protocols, the CPU 
adapted to execute a plurality of instructions simultaneously (see col. 8, line 30 to col. 9, line 
56; note that the controller executes the instruction for the packetizer to establish call 
connection setup and terminates/tear down the call after on-hook, utilizing the TCP/IP and/or 
ITU H.323 communication signaling. Moreover, the packetizer utilizes TCP/IP scheme of 
packetizing. The controller executes/processes the plurality of instruction/functions 
according to the state diagram, see FIG. 4 and 6); and 

a communications link coupled to each of the IP telephony devices and to the CPU 
and adapted to transmit communications data including voice IP data (see FIG. 1, the 
communication links between the controller 314 of IP phone 100, IP PC phone 170, and 
network 130; also see col. 4, line 21 to col. 5, line 9; note that VoIP data are 
transmitted/received to/from the other VoIP phone via the network.) 



Edholm'269 does not explicitly disclose a chip comprises DSP voice com pression 
device and the CPU having a standard RISC 5-stage pipeline. 

However, the above-mentioned claimed limitations are well known in the art of 
telephony and integrated circuitry. In particular, a chip can be designed to include DSP voice 
compression device. The CPU can be designed with a standard RISC 5-stage pipeline. 

In view of this, having the system of Edholm , 269 and then given well known teaching 
in the art, it would have been obvious to one having ordinary skill in the art at the time the 
invention was made to modify the system of Edho lm'269, by including the DSP on the ASIC 
and designing the CPU according to the standard. The motivation to combine is to obtain the 
advantages/benefits taught by well-established teaching in the art that such modification 
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would make it possible to reduce the size of the VoIP telephone by including a DSP on the 
ASIC. It also is well known in the art that the user constantly demands smaller and compact 
telephony device, which is easy to carry and store, and the only way to meet user demand is 
by utilizing ASIC technology. Moreover, by designing the standardized CPU, it will enable 
to inter-operate with the other CPU or devices. 



4. Claim 10 is rejected under 35 U.S.C. 103(a) as being unpatentable over Edholm'269 and 
well-known teaching in the art as applied to claim 1 above, and further in view of Bertin 
(U.S. 6,097,243). 

Regarding claim 10, the combined system of Edholm'269 and well-established 
teaching in art discloses the programmable audio processor circuitry as described above in 
Claim 1. 

The combined system does not explicitly disclose wherein the circuitry is in a power- 
down mode, wherein the internal clock frequency is slowed during periods of chip inactivity. 

However, the above-mentioned claimed limitations are taught Bertin'243. In 
particular, Bertin'243 teaches wherein the circuitry is in a power-down mode, wherein the 
internal clock frequency is slowed during periods of chip inactivity (see col. 2, line 54 to col. 
3, line 45; note that in order to reduce power consumption the semiconductor device is put 
into a groggy mode (i.e. power-down mode) by reducing operational clock speed during 
inactivity). 

In view of this, having the combined system of Edholm'269 and well-established 
teaching in the art, then given the teaching of Bertin'243, it would have been obvious to one 
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having ordinary skill in the art at the time the invention was made to modify the combined 
system of Edholm'269 and well-established teaching in the art, by providing a mechanism to 
reduce the clock speed during inactivity, as taught by Bertin'243. The motivation to combine 
is to obtain the advantages/benefits taught by Bertin'243 since Bertin'243 states at col. 2, line 
54-56 that such modification would make it possible to reduce power consumption while 
maintaining full functionality of the semiconductor device. 



5. Claim 1 1 is rejected under 35 U.S.C. 103(a) as being unpatentable over Edholm , 269 and 
well-known teaching in the art as applied to claim 1 above, and further in view of Mason 
(U.S. 6,272,451). 

Regarding claim 11, the combined system of Edholm'269 and well-established 
teaching in art discloses the programmable audio processor circuitry as described above in 
Claim 1. 

The combined system does not explicitly disclose wherein the circuitry is adapted to 
be programmed using C programming language. 

However, the above-mentioned claimed limitations are taught Mason'451. In 
particular, Mason'451 teaches wherein the circuitry is adapted to be programmed using C 
programming language (see col. 9, line 19-29; note that FPGA microcontroller designs are 
usually done in the C-language). 

In view of this, having the combined system of Edholm'269 and well-established 
teaching in the art, then given the teaching of Mason'45 1, it would have been obvious to one 
having ordinary skill in the art at the time the invention was made to modify the combined 
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system of Edholm f 269 and well-established teaching in the art, by providing a mechanism to 
program the circuitry/chip with C-programming language, as taught by Mason'451. The 
motivation to combine is to obtain the advantages/benefits taught by Mason'45 1 since 
Mason'451 states at col. 4, line 66 to col. 5, line 10 that such modification would make it 
possible to allow programmable logic users to design, with ease, FPSLIC devices which 
contain microprocessors by utilizing software tool. 



6. Claim 12 and 15-18 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Edholm'269 and well-known teaching in the art as applied to claim 1 and 13 above, and 
further in view of Maeda (U.S. 5,884,074). 

Regarding claims 12 and 15, the combined system of Edholm'269 and well- 
established teaching in art discloses telecommunication device comprising the programmable 
audio processor circuitry as described above in Claim 1 and 13. Furthermore, Edholiri269 
discloses a CPU (see FIG. 3, Controller) and execution space with memory on the chip (see 
col 6, line 16-65; col. 12, line 1-11; Fig. 4, and col. 8, line 31 to col 9, line 56; note that the 
controller executes memory for packetizing, TCP/IP for signaling, and processing of 
digitized voice.) 

The combined system does not explicitly discloses the flash-style, non- volatile 
memory, that includes embedded firmware for that device and wherein the circuitry of the 
Flash-cache architecture adapted to enable a CPU to boot and run code from an external 
Flash-style device, and mix this execution space with memory. 
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However, the above-mentioned claimed limitations are taught Maeda'074. In 
particular, Maeda'074 teaches the flash-style, non- volatile memory (see FIG. 1, Flash 
Memory 1 1), that includes embedded firmware for that device and wherein the circuitry of 
Flash-cache architecture adapted to enable a CPU (see FIG. 1, CPU 17) to boot and run code 
from an external Flash-style device (see FIG. 1, Flash Memory 1 1 ; note that CPU executes 
the boot program stored in the boot program area of the flash memory), and mix this 
execution space with memory (see FIG. 1, RAM 2; see col. 1, line 20 to col. 2, line 22; note 
that CPU stores programs in the RAM. Thus, it is clear that combined memories from both 
memory units (i.e. Flash and RAM) must be utilized for CPU execution). 

In view of this, having the combined system of Edholm'269 and well-established 
teaching in the art, then given the teaching of Maeda'074, it would have been obvious to one 
having ordinary skill in the art at the time the invention was made to modify the combined 
system of Edholrri269 and well-established teaching in the art, by providing a 
microcomputer/chip which has a mechanism to execute user boot programs from the flash 
memory and store the programs into RAM, as taught by Maeda'074. The motivation to 
combine is to obtain the advantages/benefits taught by Maeda'074 since Maeda'074 states at 
col. 1, line 64-66 that such modification would make it possible to provide a 
microcomputer/chip capable of releasing the entire area of the flash memory for a user 
program area. 

Regarding claim 16, the combined system of Edholm'269, well-established teaching 
in art and Maeda'074 discloses the telephony communications device, further comprising a 
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plurality of communications stacks, DSP codes, RAM and external flash memory as 
described above in Claims 1 and 13-15. 

Furthermore, EdliolnV269 teaches the device (see FIG. 3, Controller) adapted to ran 
compute-intensive DSP code and to run the communication stacks out of memory (see col. 6, 
line 16-65; col. 12, line 1-11; Fig. 4, and col. 8, line 3 1 to col. 9, line 56; note that the 
controller executes memory for processing of digitized voice (i.e. running DSP code), 
packetizing and TCP/IP for signaling (i.e. running communication stacks)). In addition 
Maeda'074 discloses the device (see FIG. 1, CPU 17) is adapted to run 
programs/instructions/tasks from an external flash memory as described above in Claim 15. 

Neither Edholm'269 nor Maeda'074 explicitly discloses the device is adapted to run 
compute-intensive DSP code out of internal RAM and to run the communication stacks out 
of external flash memory. 

However, the above-mentioned claimed limitations are well known in the art. In 
particular, the device can be adapted to run compute-intensive DSP code out of internal 
RAM and to run the communication stacks out of external flash memory. Edholm t 269 
teaches a device which all computations and processes will be utilized/run by the single 
memory. Maeda'074 also teaches utilizing the flash memory to run/boot the user-defined 
programs and RAM to store programs. Thus, it is obvious and well known in the art that the 
computational functions and processes can be divided/distributed between various type 
memories (i.e. RAM vs. ROM/Flash-memory) in any computer related device. Thus, Flash 
memory can be used to boot and run the programs to set up the TCP/IP communication, and 
RAM memory can be used to store programs for DSP and packetizing devices. 
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In view of this, having the combined system of Edholm'269 and Maeda'074, then 
given well known teaching in the art, it would have been obvious to one having ordinary skill 
in the art at the time the invention was made to modify the combined system of Edholm'269 
and Maeda'074, by assigning specific function for each type of memories. The motivation to 
combine is to obtain the advantages/benefits taught by well-established teaching in the art 
that such modification would make it possible to avoid process overloading in computer 
related device by assigning the computational and processing load among memory units. 

Regarding claim 17, the combined system of Edholm'269, well established teaching 
in art and Maeda'074 discloses the telephony communications device as described above in 
Claims 13. Furthermore, Edholm'269 teaches the device is adapted to run DSP code 
including at least one of: audio codecs, acoustic echo cancellation and framing (see col. 6, 
line 1-12; note that DSP encode and decode the digitized voice by using echo cancellation 
procedures.) 

Regarding claim 18, the combined system of Edholm'269 well established teaching 
in art and Maeda'074 discloses the programmable audio processor as described above in 
Claim 16. 

Moreover, Edholm'269 discloses wherein the communication stack is adapted to 
provide at least one of the following protocols: call setup, call tear down, capabilities 
exchange and negotiation (see col. 8, line 30 to col. 9, line 56; not that the controller 
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instructs/processes the packetizer to establish call connection setup and terminates/tear down 
the call after on-hook.) 



7. Claim 19 is rejected under 35 U.S.C. 103(a) as being unpatentable over Edholm f 269 and 
well-known teaching in the art as applied to claim 13 above, and further in view of Blomley 
(U.S. 4,608,462). 

Regarding claim 19, the combined system of Edholm f 269 and well-established 
teaching in art discloses the chip as described above in Claim 13. 

The combined system of Edholm'269 does not explicitly disclose the chip includes a 
chip set having a plurality of chips, each of the plurality of chips being adapted to perform at 
least one selected function of the chip. 

However, the above-mentioned claimed limitations are taught by Blomley'462. In 
particular, Blomley'462 teaches the chip includes a chip set having a plurality of chips, each 
of the plurality of chips being adapted to perform at least one selected function of the chip 
(see col. 1, line 45 to col. 2, line 29; note that an integrated circuit chip set for a telephone 
instrument includes first ancillary chip and second ancillary chip. Both chips perform 
specific/selected function of a chip). 

In view of this, having the combined system of Edholm'269 and well-established 
teaching in the art, then given the teaching of Blomley'462, it would have been obvious to 
one having ordinary skill in the art at the time the invention was made to modify the 
combined system of Edholm'269 and well-established teaching in the art, by providing a chip 
set which consists of plurality of chips and each chip performs specific function, as taught by 
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Blomley'462. The motivation to combine is to obtain the advantages/benefits taught by 
Blomley'462 since Blomley'462 states at col. 1, line 45 to col.2, line 15 that such 
modification would make it possible to minimize/overcome the limitation of utilizing CMOS 
and bipolar devices on a single chip by utilizing the an integrated chip set. 



8. Claims 21-23 are rejected under 35 U.S. C. 103(a) as being unpatentable over Edholm f 269 
and well-known teaching in the art as applied to claim 20 above, and further in view of 
Adelman(U.S. 5,598,362). 

Regarding claim 21, the combined system of Edholm f 269 and well-established 
teaching in art discloses the CPU as described above in Claim 20. 

The combined system of Edholm'269 does not explicitly disclose wherein the CPU 
further comprises a DSP Multiply Accumulate (DSPMAC) unit and an Address Generation 
Unit (AGU). 

However, the above-mentioned claimed limitations are taught by Adelman'362. In 
particular, Adelman'362 teaches a DSP Multiply Accumulate (DSPMAC) unit (see FIG. 2, 
Multiplier 76 of Data Arithmetic Logic unit performing DSP multiply/accumulate (MAC) 
operation; see col. 1, line 29-34) and an Address Generation Unit (AGU) (see FIG. 1, 
Address Generation Unit 36, AGU; see col. 4, line 6-14). 

In view of this, having the combined system of Edholm'269 and well-established 
teaching in the art, then given the teaching of Adelman'362, it would have been obvious to 
one having ordinary skill in the art at the time the invention was made to modify the 
combined system of Edholm'269 and well-established teaching in the art, by providing DSP 
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MAC and AGU units, as taught by Adelman'362. The motivation to combine is to obtain the 
advantages/benefits taught by Adelman'362 since Adelman'362 states at col. 1, line 45 to 
col. 1, line 30-55 that such modification would make it possible to provide greater voice 
accuracy. 

Regarding claim 22, the combined system of Edholm'269, Adelman'362, and well- 
established teaching in art discloses the AGU and CPU as described above in Claims 20 and 
21. In particular, Edholm'269 teaches the controller which performs the function of the CPU. 
Adelman'362 teaches AGU, which generates the address of the instruction (see col. 4, line 6- 
54). Also, it is well known in the art that the function of a controller/CPU is to execute 
instructions/tasks by calculating the address of the operand. 

The combined system of Edholm'269 and Adelman'362 does not explicitly disclose 
wherein the AGU is adapted to effect address calculation concurrently with normal program 
flow address calculation of the CPU. 

However, the above-mentioned claimed limitations are taught by well known in the 
art. In particular, the AGU is adapted to effect address calculation concurrently with normal 
program flow address calculation of the CPU. Note that both AGU and controller/CPU have 
the functionality of generating/calculating the addresses, and they are both in the same ASIC 
chip. Thus, it is clear that they both must calculate/generate the address in parallel manner. 

In view of this, having the combined system of Edholm'269 and Adelman'362, then 
given the well-established teaching in the art, it would have been obvious to one having 
ordinary skill in the art at the time the invention was made to modify the combined system of 
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Edholm'269 and well-established teaching in the art, by providing a mechanism for the 
controller/CPU and AGU units which perform the address calculation/generation in parallel 
manner as taught by well-established teaching in the art. The motivation to combine is to 
obtain the advantages/benefits taught by well-established teaching in the art since such 
modification would make it possible to provide faster CPU/controller processing since the 
tasks are now performed in parallel manner. 

Regarding claim 23, the combined system of Edholm'269, Adelman'362, and well- 
established teaching in art discloses the AGU and CPU as described above in Claim 21. 
Moreover, Adelman'362 discloses wherein the DSPMAC and AGU are adapted to be used 
together in single instruction mnemonics (see abstract; col. 1, line 29-37, col. 2, line 41-57; 
and col. 4, line 6 to col. 8, line 12; note that ALU (i.e. MAC) performs the MAC instruction, 
and the AGU/DMA controller generates addresses. Thus, it is clear that MAC and AGU are 
utilized with the same MAC instruction from the ALU). 

In view of this, having the combined system of Edholm'269 and well-established 
teaching in the art, then given the teaching of Adelman'362, it would have been obvious to 
one having ordinary skill in the art at the time the invention was made to modify the 
combined system of Edholm f 269 and well-established teaching in the art, by providing DSP 
MAC and AGU units and both utilizes the same instructions, as taught by Adelman'362. The 
motivation to combine is to obtain the advantages/benefits taught by Adelman'362 since 
Adelman'362 states at col. 1, line 45 to col. 1, line 30-55 that such modification would make 
it possible to provide greater voice accuracy. 
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Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Ian N Moore whose telephone number is 703-605- 1 53 L The 
examiner can normally be reached on M-F: 9-5. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Doug Olms can be reached on 703-305-4703. The fax phone number for the 
organization where this application or proceeding is assigned is 703-305-9509. 

Any inquiry of a general nature or relating to the status of this application or proceeding 
should be directed to the receptionist whose telephone number is 703-305-3900. 

Ian N Moore 
Examiner 
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